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DMX Network Audio Matrix Series 
AES67 DSP Matrix Processor

16 × 16

Analog I/O

DMX1616
The DMX1616 network DSP audio matrix features 

16×16 channels of ST2110/AES67 network 

connectivity and 16×16 analog Phoenix terminals 

(inputs with 48V phantom power), along with 2x2 

UAC channels and 2x2 USB sound card interfaces. 

Equipped with AI noise reduction (5A algorithm) and 

other DSP functions, it supports USB recording/

playback, USB sound card functionality, GPIO/

RS485/232 control, and comes with GUI software. It 

also supports ST2022-7 redundancy.

Product Features

16 × 16

AES67

48V

Phantom Power 5A Algorithms

AI+DSP FIR

4096 Taps

S t r e a m s

Technical Specifications

seamless Redundancy48 kHz Sample Rate

SMPTE ST2110-3016 / 24 / 32-bit

USB Sound Card / UVC GPIO / RS-485

IS-4 IS-5 

8 × 8

Analog I/O

DMX0808
The DMX0808 network DSP audio matrix features 8×8 

channels of ST2110/AES67 network connectivity and 

8×8 analog Phoenix terminals (inputs with 48V 

phantom power), along with 2x2 UAC channels and 

2x2 USB sound card interfaces. Equipped with AI noise 

reduction and 5A algorithm DSP processing, it supports 

USB recording/playback and sound card functionality, 

GPIO/RS485/232 control, and comes with GUI 

software. It also supports ST2022-7 redundancy. Ideal 

for professional conferencing, cinemas, broadcasting, 

and immersive audio applications.

Product Features

8 × 8

AES67

48V

Phantom Power 5A Algorithms

AI+DSP FIR

4096 Taps

S t r e a m s

Technical Specifications

48 kHz Sample Rate seamless Redundancy

16 / 24 / 32-bit SMPTE ST2110-30

USB Sound Card / UVC GPIO / RS-485

IS-4 IS-5 

www.digisynthetic.com/products/matrix



DMX Network Audio Matrix Series 
AES67 DSP Matrix Processor

4 × 4

Analog I/O

DMX208A
Update AI Noise 

Reduction Algorithm

A E C  A N S  A F C

The DMX208A 4×4 Network DSP Audio Matrix is a compact device specifically 

designed for high-end conferencing and professional sound reinforcement 

applications. It integrates 4 channels of analog input/output (Phoenix 

connectors, supporting 48V phantom power) and 4×4 AES67/ST2110-30 

network audio channels, compatible with the Dante ecosystem. The built-in full-

featured DSP engine supports echo cancellation, AI noise reduction, automatic 

gain control, and AI feedback suppression, while featuring 8×8 automatic mixing 

matrix. Its standout features include support for ST2022-7 seamless network 

redundancy and PoE power supply.

Product Features Technical Specifications

seamless Redundancy48 / 96 kHz Sample Rate

16 / 24 / 32-bit SMPTE ST2110-30

110dB Dynamic Range 802.3af PoE powered

4 ×4

AES67

48V

Phantom Power 5A Algorithms

AI+DSP FIR

4096 Taps

4 × 4

Analog I/O

DMX232 Update effect plugin

Echo Reverb

DMX232 32×32 Network DSP Mixing Matrix: Integrates 28×28 AES67/ST2110-30 

network audio channels, supports ST2022-7 seamless network redundancy, and is 

equipped with 4×4 analog Phoenix terminals (48V phantom power). It features 

32×32 intelligent automatic mixing and full functionality, compatible with 48kHz 

sampling. The device supports PoE power supply, ST2022-7 network redundancy, 

and OTA updates, housed in a compact 1/4U chassis. Paired with the free 

AES67LINK software, it efficiently adapts to professional conference audio 

scenarios.

Product Features Technical Specifications

48 kHz Sample Rate seamless Redundancy

16 / 24 / 32-bit SMPTE ST2110-30

802.3af PoE powered110dB Dynamic Range 

28 × 28

AES67

48V

Phantom Power

Auto Mixing

Dual Mode Mixing Matrix

32x32

www.digisynthetic.com/products/matrix



2 x 0

Analog I/O

Neo Network IO Adapter series 
Cost-effective AES67 DSP Network IO Adapter

DMA02 Neo-IN NEW

Converts 2 XLR analog balanced inputs to 2 AES67 network outputs, 

supporting ST2110-30 protocol; features a built-in 4×2 automatic mixing 

matrix and fully programmable DSP (EQ/compression/FIR, etc.) with 

ultra-low DSP and network processing latency; Aluminum alloy chassis 

supports PoE power and hot-swapping; paired with AES67LINK 

software for flexible routing configuration, ideal for professional 

conferencing, cinemas, recording studios, and immersive audio 

applications.

Product Features

2 × 2

AES67 Latency

＜1 ms DSP

Processor

FIR

4096 Taps

Technical Specifications

0.005% @+4dBu, 1kHz48 kHz Sample Rate

16 / 24 / 32-bit SMPTE ST2110-30

802.3af PoE powered110dB Dynamic Range 

0 x 2

Analog I/O

DMA02 Neo-OUT
Converts 2-channel AES67 network input to 2-channel XLR analog 

balanced output, supporting ST2110-30 protocol; built-in 2×4 automatic 

mixing matrix and fully programmable DSP (EQ/compression/FIR, etc.); 

ultra-low DSP and network processing latency; Aluminum alloy chassis, 

supports PoE power supply and hot-swapping; compatible with direct 

connection to Dolby processors, paired with AES67LINK software for 

flexible routing configuration, suitable for professional conferences, 

cinemas, recording studios, and immersive audio scenarios.

Product Features

2 × 2

AES67 Latency

＜1 ms DSP

Processor

FIR

4096 Taps

NEW

Technical Specifications

48 kHz Sample Rate 0.005% @+4dBu, 1kHz

16 / 24 / 32-bit SMPTE ST2110-30

802.3af PoE powered110dB Dynamic Range 

www.digisynthetic.com/products/io-adapter



DMA Network IO Adapter series

High Performance AES67 DSP Network IO Adapter

2 x 0

Analog I/O

DMA02-IN
Converts 2 XLR analog balanced inputs to 2 AES67 network outputs, 

supporting ST2110-30 protocol; built-in 4×2 automatic mixing matrix 

and fully programmable DSP (EQ/compression/FIR, etc.), with network 

latency ≤1ms; Aluminum alloy chassis, supports PoE power supply; will 

update to NMOS and AES70 control standards, paired with 

AES67LINK software for flexible routing configuration, suitable for 

professional conference rooms, cinemas, recording studios, 

broadcasting, and immersive audio applications.

Product Features

2 × 2

AES67

NMOS

Standard

DSP

Processor

FIR

2048 Taps

S t r e a m s

Technical Specifications

0.005% @+4dBu, 1kHz48 / 96 kHz Sample Rate

16 / 24 / 32-bit SMPTE ST2110-30

802.3af PoE powered110dB Dynamic Range 

IS-4 IS-5 

0 x 2

Analog I/O

DMA02-OUT S t r e a m s

Converts 2-channel AES67 network input to 2-channel XLR analog 

balanced output, supporting ST2110-30 protocol. Features a built-in 2×4 

automatic mixing matrix and fully programmable DSP (EQ/compression/

FIR, etc.), with network latency ≤1ms. Aluminum alloy chassis, supports 

PoE power supply. Future updates will include NMOS and AES70 control 

standards. Compatible with direct connection to Dolby processors, paired 

with AES67LINK software for flexible routing and DSP configuration. Ideal 

for professional conferencing, cinemas, recording studios, broadcasting, 

and immersive audio applications.

Product Features

2 × 2

AES67

NMOS

Standard

DSP

Processor

FIR

2048 Taps

Technical Specifications

48 / 96 kHz Sample Rate 0.005% @+4dBu, 1kHz

16 / 24 / 32-bit SMPTE ST2110-30

802.3af PoE powered110dB Dynamic Range 

IS-4 IS-5 

www.digisynthetic.com/products/io-adapter
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Mic Array

9 × MEMS

PoE AES67 Network DSP Array Mic

HP Sound Capture Wand Series

HP-1 NEW

Highly integrated DSP array microphone with a built-in 9-unit MEMS microphone array utilizes 

powerful adaptive beamforming technology to achieve real-time precise sound pickup, AI algorithm 

intelligent feedback suppression, and background noise and environmental reverberation reduction. 

Optimized for local sound reinforcement, it effectively eliminates echo interference and enables high-

power amplification without the need for complex tuning.

Product Features Technical Specifications

48 kHz Sample Rate 802.3af PoE Powered

2.5 kg Net weight ≥70dB (A) SNR

200Hz–18kHz Freq. Resp. ANR 35dBRapid Deployment

Cascade 
 Gain Coverage Radius

6 m ＞ 18dB ＜ 20 ms

Latency

Local Sound 
Reinforcement

AEC ANS AFC

DLM Network Microphone Series
PoE AES67 Network DSP Conference Mic

4 × 0

Analog I/O

DLM-003/004
The DLM-003 and DLM-004 are part of the same series of AoIP network DSP 

microphones, featuring a square tube design and a gooseneck design 

respectively. Both models are equipped with dual backplate condenser 

capsules, supporting AES67/ST2110 standards and PoE power supply. They 

incorporate high-performance DSP with integrated AEC, AFC, ANS, and AGC 

algorithms. Designed with analog backup channels, RFI shielding, and base 

shock absorption, these microphones are specifically engineered for 

professional broadcasting in complex acoustic environments.

Product Features Technical Specifications

48 kHz Sample Rate 802.3af PoE Powered

105dB Dynamic Range ≤0.05% THD

50Hz-18kHz Freq. Resp. -36dB±2dB Sensitivity

4 × 4

AES67

AGC

Auto Gain Control

AFC/AGC/ANS

5A Algorithms 

FIR

4096 Taps

www.digisynthetic.com/products/microphone
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DSV Network Constant Voltage Amp
70V / 100V Class-D AES67 Network Amplifier

DSV-1 NEW

Constant Voltage 

Class-D

The DSV-1 is a 4-channel digital power amplifier (1RU size) specifically designed for 70V/100V high-impedance distribution, 

featuring a lightweight and compact design, high power output, and high efficiency. It utilizes a switching power supply to deliver 

350W ×4 channels (19.6 Ω output). Each channel is equipped with an independent amplifier module, ensuring electrical isolation 

from high-impedance speaker systems.

Product Features Technical Specifications

48 / 96 kHz Sample Rate 4 Channels: 350 W × 4

20Hz–20kHz Freq. Resp. 2-Channel Bridged:700 W × 2

120 V / 240 V AC100dB SNR

4 × 350w

Output Power

AES67

Protocol  Fan

Low-Noise DSP 

Built-in

DPanel Wall Panel Series
PoE Programmable Control Wall Panel

DPanel-4 NEW
Browser-based Setup

Zero Software Needed

Technical Specifications

Android 10 Operating System 802.3af PoE Powered

450 cd/m² Brightness AES67 Device Control

4.0-inch 480×RGB Capacitive Touchscreen

www.digisynthetic.com/products



4 × 4

Mix Matrix

DLS Network Speaker Series

PoE AES67 Network DSP Conference Speaker

DLS-001/002
Two-way speaker system with ceiling/wall-mounted design, 

customizable colors and waterproof options. A fully digital network 

audio solution specifically designed for modern intelligent spaces. 

The system deeply integrates AES67 and SMPTE ST2110-30 network 

audio standards, enabling simultaneous power and control data 

transmission through a single Ethernet cable. Equipped with a built-in 

high-performance DSP processing engine, the DLS series delivers 

ultra-low latency and high-fidelity audio experiences for conference 

rooms, command centers, and broadcasting environments.

Product Features

Single Port PoE

PoE AES67

 Protocol

DSP

Built-in

FIR

4096 Taps

Technical Specifications

48 / 96 kHz Sample Rate 70Hz–20kHz Freq. Resp.

55W Peak power 8Ω Unit impedance

90dB Sensitivity 802.3af/at/bt Powered

DLS-403Z /425Z
Technical Specifications

48 / 96 kHz Sample Rate 106Hz–20kHz Freq. Resp.

55W Peak power 8Ω Unit impedance

802.3af/at/bt Powered93dB Sensitivity

Product Features

4 × 4
Mix Matrix Single Port PoE

PoE AES67

protocol

DSP
Built-in

FIR
4096 Taps

www.digisynthetic.com/products/speaker








